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Sensory systems constantly adapt their responses to the current environment. In hearing, adaptation may facilitate communication in
noisy settings, a benefit frequently (but controversially) attributed to the medial olivocochlear reflex (MOCR) enhancing the neural
representation of speech. Here, we show that human listeners (N  14; five male) recognize more words presented monaurally in
ipsilateral, contralateral, and bilateral noise when they are given some time to adapt to the noise. This finding challenges models and
theories that claim that speech intelligibility in noise is invariant over time. In addition, we show that this adaptation to the noise occurs
also for words processed to maintain the slow-amplitude modulations in speech (the envelope) disregarding the faster fluctuations (the
temporal fine structure). This demonstrates that noise adaptation reflects an enhancement of amplitude modulation speech cues and is
unaffected by temporal fine structure cues. Last, we show that cochlear implant users (N  7; four male) show normal monaural
adaptation to ipsilateral noise. Because the electrical stimulation delivered by cochlear implants is independent from the MOCR, this
demonstrates that noise adaptation does not require the MOCR. We argue that noise adaptation probably reflects adaptation of the
dynamic range of auditory neurons to the noise level statistics.
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Introduction
Verbal communication is harder in noisy than in quiet places.
Sensory systems, however, constantly adapt their responses to the
current environment (Webster, 2012), and hearing is not an ex-
ception. Listeners with normal hearing (NH) recognize more syl-
lables or words in noisy backgrounds when the speech tokens are
delayed from the noise onset than when they start at the same
time as the noise (Cervera and Ainsworth, 2005; Cervera and
Gonzalez-Alvarez, 2007; Ben-David et al., 2012, 2016). This ad-
aptation to the noise probably facilitates everyday communica-
tion in noisy settings. The present study aimed at shedding light
on the cues and mechanisms underlying this adaptation.
The mammalian cochlea effectively operates as a bank of band-
pass filters, separating the multiple frequency components in speech
for further processing by the auditory system (Robles and Ruggero,
2001). The signal at the output of each filter carries information in
the slow fluctuations in amplitude over time (the envelope) as well
as in the rapid fluctuations with a rate close to the center fre-
quency of the filter [the temporal fine structure (TFS); Rosen,
1992]. Our sensitivity to amplitude modulations (AMs) im-
proves when unmodulated noise precedes the AM carrier sound
(Viemeister, 1979; Sheft and Yost, 1990; Almishaal et al., 2017;
Marrufo-Pérez et al., 2018). This suggests that noise adaptation in
AM sensitivity may underlay the adaptation to noise in speech rec-
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Significance Statement
People find it easier to understand speech in noisy environments when they are given some time to adapt to the noise. This benefit
is frequently but controversially attributed to the medial olivocochlear efferent reflex enhancing the representation of speech cues
in the auditory nerve. Here, we show that the adaptation to noise reflects an enhancement of the slow fluctuations in amplitude
over time that are present in speech. In addition, we show that adaptation to noise for cochlear implant users is not statistically
different from that for listeners with normal hearing. Because the electrical stimulation delivered by cochlear implants is inde-
pendent from the medial olivocochlear efferent reflex, this demonstrates that adaptation to noise does not require this reflex.
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ognition. TFS cues, however, are also important for robust speech
recognition (Qin and Oxenham, 2003; Zeng et al., 2005; Lorenzi
et al., 2006; Hopkins and Moore, 2009; Johannesen et al., 2016;
Lopez-Poveda et al., 2017), and it is still uncertain whether they
may also contribute to the adaptation to noise.
Also uncertain are the mechanisms underlying adaptation. Some
authors have reasoned that the adaptation to noise in AM sensitivity
is due to the leading noise activating the medial olivocochlear
reflex (MOCR; Almishaal et al., 2017; Marrufo-Pérez et al., 2018).
This would linearize basilar membrane (BM) responses (Muru-
gasu and Russell, 1996; Cooper and Guinan, 2003, 2006) and
enhance the representation of speech AM cues in the BM re-
sponse, as illustrated in Figure 1A. The MOCR may also enhance
the representation of AM in the auditory nerve by restoring the
dynamic range of auditory nerve fibers in noise to values ob-
served in quiet, as shown in Figure 1B (Winslow and Sachs, 1988;
Guinan, 2006). Because speech recognition in noise is easier with
enhanced AM cues (Lorenzi et al., 1999; Apoux et al., 2001), the
MOCR may underlay the adaptation to noise in speech recogni-
tion. This possibility is supported by the facts that (1) speech-in-
noise recognition worsens when olivocochlear efferents are cut
(Giraud et al., 1997), and (2) the time course of MOCR activation
(280 ms; Backus and Guinan, 2006) is similar to the time course of
adaptation to noise (300 ms; Ben-David et al., 2012, 2016).
However, the adaptation of the dynamic range of auditory neu-
rons to the noise level statistics (Dean et al., 2005; Watkins and
Barbour, 2008; Wen et al., 2009) can also enhance the AM cues in
speech, as shown in Figure 1C (Almishaal et al., 2017; Marrufo-
Pérez et al., 2018). Moreover, the time course of dynamic range
adaptation (100 – 400 ms; Wen et al., 2012) is similar to the time
course of adaptation to noise in speech recognition. It is still
uncertain which of these two mechanisms (MOCR-related ef-
fects or dynamic range adaptation) plays a more prominent role
in the adaptation to noise in speech recognition.
The present study aimed at investigating whether adaptation
to noise in speech recognition reflects an enhancement of AM
and/or TFS cues in speech, and whether the MOCR is necessary
for adaptation to noise to occur.
Materials and Methods
Experimental design. We compared the signal-to-noise ratio (SNR) for
50% word recognition [termed the speech reception threshold (SRT)]
for words presented monaurally at the onset (“early” condition) or de-
layed 300 ms from the onset (“late” condition)
of a steady-state noise. The SRT improvement
in the late versus the early condition was re-
garded as the amount of adaptation to the
noise, or the temporal effect. Adaptation was
measured for cochlear implant (CI) users and
for NH listeners presented with natural and vo-
coded words. For NH listeners, adaptation was
measured to ipsilateral, contralateral, and bin-
aural (diotic) noise; for CI users, adaptation
was measured to ipsilateral noise. Both the
electrical stimulation delivered by the CIs and
the vocoded words maintained the AM cues in
speech but disregarded TFS cues (Shannon et
al., 1995; Schatzer et al., 2010). Therefore, the
presence of a normal temporal effect for CI us-
ers and for NH listeners tested with vocoded
words would indicate that TFS cues contribute
little to the adaptation to noise in normal hear-
ing. On the other hand, the MOCR exerts its
inhibitory effect via the outer hair cells (OHCs;
Guinan, 1996). The electrical stimulation de-
livered to CI users bypasses OHCs and is inde-
pendent from the MOCR (Lopez-Poveda et al., 2016). Therefore, the
presence of a temporal effect for CI users would indicate that mecha-
nisms other than MOCR-related adaptation can contribute to adapta-
tion to noise.
Participants. Fourteen NH listeners (five men) participated in the
study. Their mean  SD age was 28.8  8.2 years. All but two of them had
audiometric thresholds of 20 dB hearing level (HL) in both ears at
octave frequencies between 125 Hz and 8 kHz (American National Stan-
dards Institute, 1996). The exceptions were one participant whose
threshold was 25 dB HL at 4 kHz in the left ear, and another participant
whose threshold was 25 dB HL at 8 kHz in the left ear. Thirteen of the 14
NH listeners were tested with both natural and vocoded words; the other
participant was tested with vocoded words only.
The CI group included seven users (four men) of CIs manufactured by
MED-EL. Five users wore bilateral CIs, and two users wore a hearing aid
in the ear opposite to the CI. Table 1 gives further information about the
CI participants.
SRTs were measured monaurally in the left ear (NH listeners), the
implanted ear (unilateral CI users), or the self-reported better ear (bilat-
eral CI users; Table 1). All participants were native speakers of Castilian
Spanish. They were volunteers and not paid for their services. The study
was approved by the Ethics Committee of the University of Salamanca
(Spain).
Stimuli. Thirty-five disyllabic words were used to measure each SRT.
The first 10 words were always the same but were presented in random
order, and they were included to give participants the opportunity to
become familiar with the test condition. The last 25 words corresponded
to one of the nine phonetically balanced lists from Cárdenas and Marrero
(1994). Lists for children were used to test the younger CI user (Table 1,
participant S5). Words were presented in random order across test con-
ditions to minimize the possibility of the participant remembering the
words.
A steady-state noise with a speech-shaped long-term spectrum
[speech-shaped noise (SSN)] was used to measure the SRTs in noise
background. For NH listeners, the noise level was fixed at 60 dB sound
pressure level (SPL). This level was chosen because broadband noise at
this level is capable of activating the MOCR without activating the
middle-ear muscle reflex (Lilaonitkul and Guinan, 2009; Aguilar et al.,
2013; Mishra and Lutman, 2014), a factor that could have confounded
the results. For CI users, the noise level was set at 25 dB full scale (FS),
where 0 dB FS corresponds to a signal with peak amplitude at unity. For
reference, this level corresponds to 70 dB SPL in the clinical CI audio
processors of MED-EL. (Note that middle-ear muscle reflex could not
have affected the SRTs for CI users because the electrical stimulation
delivered by the CIs was independent from this reflex.) For the two
participant groups, the noise finished 200 ms after the word offset. The
Figure 1. Schematic representation of three mechanisms that could enhance the amplitude modulation cues in speech.
A, Basilar membrane velocity versus sound pressure level with and without MOC efferent activation (adapted from Cooper and
Guinan, 2006). B, Auditory nerve rate-level functions in quiet and in noise with and without MOC efferent activation (adapted from
Guinan, 2006). C, Dynamic range adaptation of auditory neurons to the most frequently occurring level (adapted from Wen et al.,
2009). Each panel illustrates the internal representation (ordinate) of the acoustic envelope depth (abscissa) associated with each
mechanism. See main text for further details.
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noise was gated with raised cosine onset and offset ramps of a duration of
10 ms (NH listeners) or 50 ms (CI users).
Stimuli processing. CI users were not tested with their clinical audio
processors but with an experimental processing strategy that lacked au-
tomatic gain control or any other form of dynamic (time-varying) pro-
cessing that could have caused a temporal effect (Lopez-Poveda et al.,
2016). The strategy included a high-pass pre-emphasis filter (a first-order
Butterworth filter with a 3 dB cutoff frequency of 1.2 kHz); a bank of
sixth-order Butterworth bandpass filters whose 3 dB cutoff frequencies
followed a modified logarithmic distribution between 100 and 8500 Hz;
envelope extraction via full-wave rectification and low-pass filtering
(fourth-order Butterworth low-pass filter with a 3 dB cutoff frequency of
400 Hz); a fixed logarithmic compression function to map the wide
dynamic range of sounds in the environment into the relatively narrow
dynamic range of electrically evoked hearing (Boyd, 2006); and contin-
uous interleaved sampling of compressed envelopes with biphasic elec-
trical pulses (Wilson et al., 1991). The number of filters in the bank was
identical to the number of active electrodes in the implant (Table 1).
The vocoder used to test NH listeners was virtually identical to the
processing strategy used to test CI users except that (1) the number of
bandpass filters in the bank was fixed to 12; (2) the carrier for each
channel was a sinusoid at the central frequency of the channel, rather
than a train of electrical pulses; and (3) no back-end compression func-
tion was used.
Procedure. To measure an SRT, the speech level varied adaptively using
a one-down, one-up adaptive rule: it decreased after a correct response
and increased after an incorrect response. The SRT was thus defined as
the SNR giving 50% correct word recognition in the psychometric func-
tion (Levitt, 1971). The initial SNR was typically 0 or 5 dB, and the speech
level changed in 4 dB steps (for NH listeners) or 3 dB steps (for CI users)
between words 1 and 14, and in 2 dB steps between words 14 and 35. The
SRT was calculated as the mean of the SNRs for the final 20 words for NH
listeners, or final 17 words for CI users. Feedback was not given to the
participants on the correctness of their responses.
For CI users, SRTs were measured for words embedded in ipsilateral
noise. SRTs for the early and late conditions were measured in random
order. For NH listeners, SRTs were measured for seven conditions [1
quiet  3 noise lateralities (bilateral, ipsilateral, and contralateral)  2
temporal positions (early and late)] for natural and vocoded words. For
any given type of word (natural or vocoded), the seven conditions were
administered in random order. SRTs for natural and vocoded words
were measured in alternate order across participants. Three SRTs were
always obtained for each test condition, and their mean was regarded as
the SRT. Most participants were experienced in speech-in-noise listening
tests; those who were not were trained in the SRT task until their perfor-
mance became stable. The two or more SRTs measured during training
were discarded from further analyses.
During the measurements, NH listeners were seated in a double-
walled sound-attenuating booth, and the presentation of each word was
controlled by the experimenter, who was sitting outside the booth with-
out visual interaction with the listener. A sound cue (a 1 kHz pure tone
with 500 ms duration) was presented 500 ms before the noise onset (or
before the word onset in the quiet condition) to warn the listener about
the stimulus presentation and to focus his/her attention on the speech
recognition task. Without the cue, the listener may have been more dis-
tracted in the early condition than in the late condition (because the noise
served as a cue in the late condition), which may have produced a “fake”
temporal effect. The cue was used with NH listeners and with two CI
users (participants S2 and S7). However, its use for testing CI users was
deemed unnecessary because during the measurements CI users were
seated in front of the experimenter, who implicitly warned them before
presenting each word.
Before testing CI users, electrical current levels at maximum comfort-
able loudness (MCL) were measured using the method of adjustment.
Minimum stimulation levels (i.e., thresholds) were set to 0%, 5%, or 10%
of MCL values, according to each participant’s clinical fitting (Boyd,
2006).
Apparatus. Stimuli were digitally stored and presented through custom-
made Matlab software (version R2014a, MathWorks; RRID:SCR_001622).
For NH listeners, stimuli were played via an RME FIREFACE 400 sound-
card at a sampling rate of 44.1 kHz, and with 24 bit resolution. Stimuli
were presented to the listeners using circumaural Sennheiser HD580
Headphones. Sound pressure levels were calibrated by placing the head-
phones on a KEMAR head (Knowles Electronics) equipped with a Zwis-
locki (model DB-100, Knowles Electronics) artificial ear connected to a
sound level meter (model 2238, Brüel & Kjaer). Calibration was per-
formed at 1 kHz, and the obtained sensitivity was used at all other
frequencies.
For CI users, stimuli were stored digitally (at a 20 kHz sampling rate,
16 bit quantization), processed through the coding strategy, and the
resulting electrical stimulation patterns delivered using the Research
Interface Box 2 (RIB2; Department of Ion Physics and Applied Physics,
the University of Innsbruck, Innsbruck, Austria) and each patient’s im-
planted receiver/stimulator.
Statistical analyses. Statistical analyses were performed with SPSS Statis-
tics, version 23 (IBM; RRID:SCR_002865). Repeated-measures ANOVA
(RMANOVA) or paired Student’s t test was used, as appropriate, to test
for the statistical significance of temporal position (early vs late), noise
laterality (bilateral, ipsilateral, and contralateral), and/or word type (nat-
ural vs vocoded) on group mean SRTs. We hypothesized that SRTs
would be better (lower) in the late condition than in the early conditions.
Accordingly, we applied one-tailed tests when testing for differences in
temporal position, and two-tailed tests for all other comparisons. Green-
house–Geisser corrections were applied when the sphericity assumption
was violated. For tests involving multiple groups or variables, post hoc
pairwise comparisons were conducted using Bonferroni corrections for
multiple comparisons. An effect was regarded as statistically signifi-
cant when the null hypotheses could be rejected with 95% confidence
( p  0.05).
Results
Listeners with normal hearing
The mean SRT values in quiet were 21.2  4.3 and 23.6  4.1 dB
SPL, respectively, for natural and vocoded words, and the differ-
ence was statistically significant (t(12)  6.40, p  0.001, paired
t test). Worse speech recognition in quiet has been reported pre-
viously when the TFS was removed and when the speech envelope
was obtained using a reduced number of spectral channels in the
vocoder (Apoux and Healy, 2010). Figure 2 shows the mean SRTs
(SNR in decibels) for NH listeners, for natural (diamonds) and
vocoded (circles) words, and for the early and late conditions. A
three-way RMANOVA, using word type, noise laterality, and
temporal position as factors, revealed worse (higher) SRTs for
vocoded words than for natural words (F(1,12)  218.4, p 
0.001). This is consistent with the study by Qin and Oxenham
(2003), who reported worse (higher) SRTs in SSN for vocoded
speech than for natural speech when 4, 8, and 24 channels were
used in the vocoder. The RMANOVA also revealed that SRTs
were significantly different for bilateral, ipsilateral, and contralat-
eral noises (F(1.1,12.8)  593.0, p  0.001). Multiple pairwise com-


















S1 Unilateral R M Unknown 49 128 11 1617
S2 Unilateral R F Unknown 48 132 11 1653
S3 Bilateral R M Unknown 16 172 10 1099
S4 Bilateral L F Unknown 44 22 10 1754
S5 Bilateral R M Genetic 8 83 12 1515
S6 Bilateral L M Meningitis 48 175 9 1846
S7 Bilateral L F Meningitis 35 147 11 1405
For bilateral CI users, data refer to the test ear. R, Right; L, left; M, male; F, female; pps, pulses per second; ID,
identification.
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parisons indicated significantly different SRTs across the three
noise lateralities (p  0.001).
For natural words, mean SRTs were better (lower) in the late
condition than in the early condition for the three noise laterali-
ties (Fig. 2). This occurred also for most individuals (Fig. 3A). A
two-way RMANOVA with the factors temporal position and
noise laterality revealed that SRTs were better (lower) in the late
than in the early condition (F(1,12)  12.38, p  0.002). Post hoc
comparisons showed that the SRT improvement in the late versus
the early condition was significant for each of the three noise
lateralities (bilateral, p  0.023; ipsilateral, p  0.005; and con-
tralateral, p  0.040; Fig. 3A). The interaction between temporal
position and noise laterality was not significant (F(1.4,16.8)  0.3, p 
0.665), indicating that the magnitude of the improvement in SRT
was comparable across the three noise lateralities.
The pattern of mean SRTs for vocoded words was similar to
that for natural words (Fig. 2), and most individual participants
also showed a temporal effect for vocoded words (Fig. 3B). A
two-way RMANOVA with factors temporal position and noise
laterality revealed better (lower) SRTs in the late condition than
in the early condition (F(1,13)  25.1, p  0.001). Post hoc com-
parisons indicated that the improvement in SRT was significant
for bilateral (p  0.049), ipsilateral (p  0.001), and contralateral
(p  0.008) noises (Fig. 3B). The interaction between temporal
position and noise laterality was significant (F(2,26)  3.7, p 
0.039), indicating that the magnitude of the SRT improvement
was different across the noise lateralities. However, although pair-
wise comparisons without corrections revealed a statistically
greater improvement for the ipsilateral noises than for the bilat-
eral or contralateral noises, those differences became not signifi-
cant after applying the Bonferroni corrections.
Figure 3C allows a direct comparison of the SRT improvement
for natural and vocoded words. For natural words, the mean
improvement was 0.5  0.8, 0.7  0.9, and 0.7  1.3 dB, respec-
tively, for bilateral, ipsilateral, and contralateral noises. For vo-
coded words, the mean improvement was 0.6  1.4, 2.1  1.9,
and 1.2  1.4 dB, respectively, for bilateral, ipsilateral, and con-
tralateral noises. A two-way RMANOVA with noise laterality and
word type as factors indicated that the SRT improvement was not
statistically different for natural and vocoded words (F(1,12)  4.2,
p  0.064). The interaction between word type and noise lateral-
ity was not significant (F(2,24)  1.9, p  0.168).
Cochlear implant users
Six of the seven CI users showed better
(lower) SRTs in the late condition than in
the early condition (Fig. 4A). The group
mean improvement in SRT was 2.8  1.9
dB (Fig. 4B) and was statistically signifi-
cant (t(6)  3.95, p  0.004, paired t test).
The improvement was not statistically dif-
ferent from that for NH listeners tested
with vocoded words in ipsilateral noise
(t(19)  0.82, p  0.420, independent-
samples t test; Fig. 4B).
“Good” performers benefit less from
adaptation to noise
The effects of MOCR activation, as mea-
sured using otoacoustic emissions, are
stronger for bilateral than for unilateral
MOCR elicitors (Berlin et al., 1995; Gui-
nan et al., 2003; Lilaonitkul and Guinan,
2009). Similarly, dynamic range adaptation
is almost certainly stronger with diotic than with monaural stimuli
(Wen et al., 2009). Based on this, one would expect greater adapta-
tion to bilateral than to ipsilateral or contralateral noise, regardless
of whether noise adaptation is mediated by the MOCR and/or
dynamic range adaptation. In contrast with this, we found adap-
tation to be largest for vocoded words in ipsilateral noise (Fig.
3C). This, however, need not mean that adaptation is largest in
ipsilateral noise. Instead, it may indicate that adaptation is greater
when baseline performance is worse or, conversely, that good
performers show less adaptation to noise.
This is illustrated in Figure 5, which depicts the magnitude of
adaptation (or SRT improvement in the late condition relative to
the early condition) as a function of the SRT in the early condi-
tion. Results for the contralateral noise are shown in the left half
of Figure 5, whereas results for other conditions are shown in the
right half of the figure. Second-order polynomials were fitted
(using a least-squares procedure) to the two datasets. Though
more evident in the right half of Figure 5, the two polynomials
suggest that the magnitude of adaptation increased with increas-
ing SRT in the early condition; that is, the worse the listener
performance in the early condition, the greater the SRT improve-
ment in the late condition. This analysis suggests that adaptation
was largest for NH listeners tested with vocoded words in ipsilat-
eral noise because their baseline SRTs (the SRTs in the early con-
dition) were the worst in this condition. The same reasoning
might explain the slightly greater adaptation for CI users than for
NH listeners (Fig. 4B). This “ceiling” effect makes it difficult to
interpret the magnitude of adaptation for NH listeners in terms
of noise laterality.
Discussion
Listeners with normal hearing showed adaptation (i.e., better
SRTs in the late condition than in the early condition) to bilateral,
ipsilateral, and contralateral noises, for both natural and vocoded
words (Fig. 3A,B). The magnitude of adaptation was not statis-
tically different across the three noise lateralities or word types
(Fig. 3C). Cochlear implant users also showed adaptation to ip-
silateral noise (Fig. 4), and the magnitude was not statistically
different from that for NH listeners tested with vocoded words in
ipsilateral noise. Good performers tended to show less adaptation
to noise than bad performers (Fig. 5).
Figure 2. Speech reception thresholds for NH listeners. Mean SRTs in the early (0 ms word–noise-onset delay) and late (300 ms
word-noise-onset delay) conditions for natural (diamonds) and vocoded (circles) disyllabic words presented monaurally in bilat-
eral (left), ipsilateral (middle), and contralateral (right) noise. Note the different ordinate scale for contralateral noise. Error bars
illustrate 1 SD.
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Comparison with previous studies
Our NH listeners showed better SRTs for
natural words presented late rather than
early in the noise. This is consistent with
previous findings (Cervera and Ain-
sworth, 2005; Cervera and Gonzalez-
Alvarez, 2007). Ben-David et al. (2016)
reported SRTs to improve by 4.5 dB
over the first 300 ms, an improvement
greater than found here for natural words
and ipsilateral noise, the most similar con-
dition (0.7 dB, N  13; Fig. 3A). The rea-
son for the difference in magnitude is
uncertain, but we found the temporal im-
provement in SRT to be smaller when
baseline performance was better (Fig. 5).
The SRT values reported by Ben-David et
al. (2016) ranged between 0 and 3 dB SNR
for 0 ms speech–noise-onset delay; thus,
they were much higher (worse) than the
SRTs found here (mean, 9.8 dB SNR;
Fig. 2). Those differences in SRTs might
explain the differences in the temporal ef-
fect magnitudes observed between the
two studies.
Mechanisms involved in adaptation
to noise
Ben-David et al. (2012, 2016) provided
evidence that the temporal improvement
in word recognition is unlikely due to lin-
guistic or cognitive processes and rea-
soned that it is likely due to physiological
mechanisms. As explained in the Introduc-
tion, the linearization of BM responses
caused by the MOCR could facilitate the
recognition of speech delayed in noise by
enhancing the AM cues in speech (Fig.
1A). Dubno et al. (2012) reported that the
recognition of vocoded speech at 6 dB
SNR improved when the speech level in-
creased from 45 to 60 dB SPL, peaked at 60
dB SPL, and decreased progressively when
the speech level increased from 60 to 85
dB SPL. In addition, they reported speech
recognition to be better over the range of levels where the speech
envelope is flattened as a result of BM compression. According to
that, the linearization of BM responses caused by the MOCR (Fig.
1A) should result in a degradation rather than an improvement of
speech recognition, which undermines the idea that the MOCR is
involved in the adaptation to noise.
Most importantly, we have found that CI users show adapta-
tion to noise (Fig. 4). The electrical stimulation provided by CIs is
independent from the MOCR, and the sound-processing strategy
used here lacked any form of dynamic processing. Therefore, al-
though we cannot rule out the involvement of the MOCR in the
temporal improvement found in SRT for NH listeners, the results
for CI users demonstrate that mechanisms different from the
MOCR can produce adaptation to noise in word recognition.
The mechanisms in question remain uncertain. However,
studies in the AN (Wen et al., 2009, 2012), the inferior colliculus
(Dean et al., 2005, 2008), and the auditory cortex (Watkins and
Barbour, 2008) have demonstrated that, for a continuous sound
of varying levels, neurons adapt their rate-level functions toward
the most frequently occurring level in the sound. In other words,
neurons show a displacement of the rate-level function (together
with a decrement in firing rate) to adapt their dynamic range of
operation to the sound-level distribution (Fig. 1C). This “neural
dynamic range adaptation” might contribute to the reported
temporal effect on word recognition in noise. Here, auditory
neurons might have adapted their rate-level functions toward the
leading noise and thus facilitate envelope coding when the speech
level falls within the adapted rate-level curve (Fig. 1C), improving
the SRT.
Auditory nerve fibers stimulated by electric pulse trains show
firing rate adaptation (Zhang et al., 2007; Hu et al., 2010), and
short-term firing rate adaptation and dynamic range adaptation
are likely mediated by a common neural mechanism (Wen et al.,
2012). Therefore, dynamic range adaptation is likely to occur also
for electrical stimulation, which probably explains why CI users
show adaptation to noise.
Figure 3. Improvement in SRT for words delayed 300 ms from the noise onset. Data are for NH listeners and for the three noise
lateralities, as indicated in the abscissa of each panel. A, For natural words. Each line in the left panel represents data for one
participant (N  13), and symbols in the right panel illustrate the mean data (1 SD). B, For vocoded words (N  14). The layout
is the same as in A. C, Mean data for natural and vocoded words (N  13) replotted from A and B. Error bars represent 1 SD.
Asterisks indicate statistically significant differences: *p  0.05; **p  0.01; ***p  0.001. Contra, Contralateral; Ipsi, ipsilateral.
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The TFS does not influence adaptation to noise
Though not statistically significant, the amount of adaptation to
ipsilateral noise tended to be smaller for NH listeners when
tested with natural rather than with vocoded words (Fig. 3C), and to
be smaller for NH listeners tested with vocoded words than for CI
users (Fig. 4B). This, however, need not imply that adaptation is
less when TFS cues are available. Instead, it may reflect differ-
ences in baseline performance across test conditions and groups.
In other words, if TFS cues do not contribute to adaptation,
temporal adaptation should be similar for vocoded and natural
words across conditions of equal baseline performance (i.e., for
conditions producing equal SRTs in the early condition). We
tested this possibility by comparing the magnitude of the tempo-
ral effect for natural words in ipsilateral noise with that for vo-
coded words in bilateral noise, two conditions where baseline
performance was not statistically different
(t(10)  1.63, p  0.133, paired t test; Fig.
5). In the comparison, we omitted data for
two NH listeners whose SRTs for natural
and vocoded words differed by 	2 dB.
These two conditions produced signifi-
cant temporal effects (0.6 dB for natural
words and 0.8 dB for vocoded words) that
were not statistically different from each
other (t(10)  0.37, p  0.718, paired t
test). That TFS cues were available with
natural words but not with vocoded
words suggests that the TFS cues in speech
hardly affect adaptation to noise in natu-
ral hearing.
Limitations
The words used here lasted 650 ms. The
MOCR activation time constant is 280
ms (Backus and Guinan, 2006), and dy-
namic range adaptation occurs over 100 –
400 ms (Wen et al., 2012). Therefore, for
NH listeners, MOCR-related adaptation
and dynamic range adaptation could have
already occurred toward the end of each
word in the early condition, thus reducing
the magnitude of the temporal effect as
measured here. The use of shorter speech
tokens, such as syllables or phonemes,
might reduce the amount of adaptation in
the early condition and might reveal
greater temporal effects than those re-
ported here.
For a minority of NH listeners, broad-
band noise can activate the middle-ear
muscle reflex at levels 60 dB SPL, the
level of the SSN used here (Feeney et al.,
2017). Here, adaptation to noise occurred
for most NH listeners and in most condi-
tions (Fig. 3). Therefore, it is unlikely that
the middle-ear muscle reflex alone is re-
sponsible for this adaptation. Certainly, the
middle-ear muscle reflex did not contribute
to the adaptation found for CI users.
Implications
We have shown that human speech recog-
nition adapts to the background noise,
and that the magnitude of this adaptation varies depending on
the difficulty of the task and/or the baseline (unadapted) perfor-
mance (Fig. 5). Most speech intelligibility models assume that
intelligibility in noise is constant over time [articulation index
(Kryter, 1962); the speech intelligibility index (American Na-
tional Standards Institute, 1997); the speech transmission index
(Steeneken and Houtgast, 1980); the short-term objective intel-
ligibility (Taal et al., 2011); or the speech-based envelope power
spectrum model (Jørgensen et al., 2013)]. The incorporation of
adaptation to these models would make them more accurate.
Since the discovery of the “antimasking” effect of the MOCR
for detecting signals in low-level noise (Nieder and Nieder, 1970a,b),
researchers have speculated that the MOCR might facilitate the
recognition of speech in noise (for review, see Guinan, 1996,
2006). The reasoning was that the activation of the MOCR re-
Figure 4. Results for cochlear implant users. A, Individual and mean SRTs for words presented early and late in ipsilateral noise.
B, Mean SRT improvement in the late relative to the early condition for CI users (N  7) and NH listeners (N  14) tested with
vocoded words in ipsilateral noise. Error bars represent 1 SD. NH-voc, NH listeners with vocoded words. Asterisks indicate statisti-
cally significant differences: *p  0.05; ***p  0.001.
Figure 5. SRT improvement against the SRT in the early condition. Data are shown for all conditions and participants. The two
continuous lines illustrate second-order polynomial fits to the data for contralateral noise conditions (left) and for the other
conditions (right) separately. Notice that the worse (higher) the SRT in the early condition, the greater the SRT improvement (see
main text for details).
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stores the dynamic range of auditory nerve fibers in noise to
values observed in quiet (Fig. 1B; Winslow and Sachs, 1988),
which would enhance the neural coding of transient speech fea-
tures, thus facilitating the perception of speech in noise. Though
deeply investigated, the evidence in support of this idea is incon-
clusive (Lopez-Poveda, 2018). While some studies have reported
worse speech-in-noise recognition after vestibular neurectomy (a
surgery designed to cut MOC efferents; Giraud et al., 1997), oth-
ers have demonstrated that vestibular neurectomy is ineffective
in cutting the MOC efferents (Chays et al., 2003). Similarly, while
some studies have found better speech-in-noise recognition with
greater suppression of otoacoustic emissions levels by MOCR
elicitor sounds (Mishra and Lutman, 2014; Bidelman and Bhagat,
2015), others have found the opposite trend (de Boer et al., 2012).
Some studies have argued that factors such as selective attention,
which has been shown to modulate MOC activity (de Boer and
Thornton, 2007), are not usually controlled for and may be re-
sponsible for the lack of correlation in some studies. The present
findings demonstrate that the MOCR is not necessary for adap-
tation to noise in speech recognition to occur, which might also
be contributing to the controversial findings in previous studies.
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Johannesen PT, Pérez-González P, Kalluri S, Blanco JL, Lopez-Poveda EA
(2016) The influence of cochlear mechanical dysfunction, temporal pro-
cessing deficits, and age on the intelligibility of audible speech in noise by
hearing-impaired listeners. Trends Hear 20:2331216516641055. CrossRef
Medline
Jørgensen S, Ewert SD, Dau T (2013) A multi-resolution envelope-power
based model for speech intelligibility. J Acoust Soc Am 134:436 – 446.
CrossRef Medline
Kryter KD (1962) Methods for the calculation and use of the articulation
index. J Acoust Soc Am 34:1698 –1702. CrossRef
Levitt H (1971) Transformed up-down methods in psychoacoustics. J Acoust
Soc Am 49:467–677. CrossRef
Lilaonitkul W, Guinan JJ Jr (2009) Human medial olivocochlear reflex: ef-
fects as functions of contralateral, ipsilateral, and bilateral elicitor band-
widths. J Assoc Res Otolaryngol 10:459 – 470. CrossRef Medline
Lopez-Poveda EA (2018) Olivocochlear Efferents in Animals and Humans:
From Anatomy to Clinical Relevance. Front. Neurol 9:197. CrossRef
Lopez-Poveda EA, Eustaquio-Martín A, Stohl JS, Wolford RD, Schatzer R,
Wilson BS (2016) A binaural clochlear implant sound coding strategy
inspired by the contralateral medial olivocochlear reflex. Ear Hear 37:
e138 – e148. CrossRef Medline
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